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DETAILED ACTION 
Response to Amendment 

1 . In response to the office action from 9/13/2007, the applicant has submitted an 
amendment, filed 1/15/2008, adding claims 13-15, while arguing to traverse the art rejection 
based on the limitation regarding the use of an adaptive codebook with a first and second fixed 
codebook (Amendment, Page 16). Applicant's arguments have been fiiUy considered, however 
the previous rejection is maintained due to the reasons listed below in the response to arguments. 

2. In response to amended Figure 1 , the examiner has withdrawn the previous drawing 
objections. 

3 . In response to the amended title, the examiner has withdrawn the previous corresponding 
objection. 

4. In response to the amendment of the abstract, the examiner has withdrawn the previous 
corresponding objection. 

5. In response to the amended claims, the examiner has withdrawn the previous claim 
objections directed to minor informalities. 
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6. In response to the amendment of claims 11-12, the examiner has withdrawn the previous 
35 U.S.C. 112, second paragraph rejection. 



Response to Arguments 



7. Applicant's arguments have been fully considered but they are not persuasive for the 
following reasons: 

With respect to Claim 1, the applicant argues that the combination of Gao (U.S. Patent: 

6,449,590) and Ozawa (U.S. Patent: 5,487,128) fails to teach two fixed codebook units, 
specifically a first codebook unit that outputs a difference between a codebook contribution and a 
target because Ozawa "does not disclose or suggest using an adaptive codebook with a first 
codebook and second codebook" (Amendment, Pages 16-17). 

In response, the examiner notes that it is the combination of Gao and Ozawa that teaches 
the aforementioned claim limitation. Gao teaches the use of an adaptive codebook (Col. 21, 
Lines 52-59; and Fig. 2, Element 257) in combination with a fixed codebook structure having a 
multiple fixed subcodebooks that are selected based on speech classification (Fig. 2, Element 
261; and Col. 6, Lines 27-29). Gao is lacking in the teaching of two fixed codebooks 
specifically a first codebook unit that outputs a difference between a codebook contribution and a 
target. This limitation, however, is taught by Ozawa in the form of a cascaded codebook 
structure wherein a first codebook produces a first codebook contribution and an error signal 
representing the difference between a codebook search target input and a codebook contribution 
candidate (Fig. 2, Elements 200, 210, 230, 240; and Col. 7, Lines 11-39). Ozawa is not relied 
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upon for the teaching of the use of a combination of an adaptive codebook with a fixed codebook 
structure. This feature is taught by Gao (see above). In response to these arguments against the 
references individually, one cannot show nonobviousness by attacking references individually 
where the rejections are based on combinations of references. See In re Keller, 642 F.2d 413, 
208 USPQ 871 (CCPA 1981); In reMerck& Co., 800 F.2d 1091, 231 USPQ 375 (Fed. Cir. 
1986). Thus, the applicants' arguments with respect to claim 1 have been fully considered, but 
are not convincing. 

The art rejection of independent claims 1 1-12 and dependents 4, 6, and 9 is traversed for 
reasons similar to claim 1 (Amendment, Page 17). In regards to such arguments, see the 
response directed towards claim 1 . 

With respect to claims 2-3 and 7-8, the applicant argues that Chhatwal et al (U.S. Patent: 
5,457, 783) teaches away from the other prior art (Amendment, Pages 1 7-18). In response, the 
examiner notes that the bi-pulse codebook is a type of random codebook that models noise-like 
unvoiced sounds in combination with an algebraic codebook for voiced sounds in Chhatwal (Col. 
9, Line 65- Col. 10, Line 55; Col. 13, Lines 38-67; and Col. 15, Line 1-30), as is required in the 
claims. Also, Chhatwal teaches that even the traditional method is commonly implemented, 
well-known in the art, and still effective for modeling noise (Col. 13, Lines 50-58). Thus, for 
these reasons, it is unapparent how the concept of using different types of codebooks for 
different speech types, which is the relied upon portion of Chhatwal, teaches away from the other 
prior art. Thus, these arguments have been ftiUy considered, but are not convincing. 

With respect to Claims 5 and 10, the applicant argues that Westerlund et al (U.S. Patent: 
6,757,654) teaches the distribution between the LTP gain and the algebraic gain, whereas the 
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presently claimed invention teach a ratio between a fixed codebook gain and other fixed gain 
values (Amendment, Page 18). In response, the examiner notes that this limitation is taught by 
the combination of the teachings of Gao and Westerlund. Gao teaches the concept of the use of 
multiple fixed codebooks having associated gain factors (Fig. 2, Elements 261 and 263), while 
Westerlund teaches the a ratio between a fixed gain and other gains can be calculated (Col. 21, 
Lines 30-45). Thus, it is the combination of the prior art of record that teaches the 
aforementioned claim limitation. In response to these arguments against the references 
individually, one cannot show nonobviousness by attacking references individually where the 
rejections are based on combinations of references. See In re Keller^ 642 F.2d 413, 208 
USPQ 871 (CCPA 1981); In re Merck iSc Co., 800 F.2d 1091, 231 USPQ 375 (Fed. Cir. 1986). 

The new claims are argued for reasons similar to the preceding claims (Amendment, Page 
18). In regards to such arguments, see the above response. 

Claim Objections 

8. Claims 11-15 are objected to because of the following informalities: 

The cancellation of the types of speech characteristic information from the independent 
claims 11-12 (and new claim 15 which does not include such characteristics) has led to multiple 
antecedent basis issues (for example- "the adaptive codebook pitch delay value "), which require 
correction. The dependent claims fail to overcome these informalities, and thus, are also 
objected to by virtue of their dependency. 

Appropriate correction is required. 
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Claim Rejections - 35 USC § 101 

9. 35 U.S.C. 101 reads as follows: 

Whoever invents or discovers any new and useM process, machine, manufacture, or composition of matter, or 
any new and useful improvement thereof, may obtain a patent therefor, subject to the conditions and 

requirements of this title. 

10. Claim 15 is rejected under 35 U.S.C. 101 because the claimed invention is directed to 
non-statutory subject matter. 

Although claim 15 falls within a statutory category (i.e., method), claim 15 recites a step for 
retrieving abstract vector data that do not, in themselves, produce a "usefiil, concrete, and 
tangible result", and thus, are not directed to a practical application. In order to be considered 
statutory, the claimed invention as a whole must be useful and accomplish a practical 
application. That is, it must produce a "usefiil, concrete and tangible result." State Street, 149 
F.3d at 1373-74, 47 USPQ2d at 1601-02. In the present case, a step of retrieving abstract vector 
data is not what produces a "useful, concrete, and tangible result" in the present invention (which 
in the case of the present invention is a synthesized speech signal, see claim 12). It is a synthesis 
filtering step, which produces this result (see claim 12). As this step is not recited in claim 15, 
this claim is directed to non-statutory subject matter. 



Claim Rejections - 35 USC § 103 



1 1 . The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set forth in 
section 102 of this title, if the differences between the subject matter sought to be patented and the prior art are 
such that the subject matter as a whole would have been obvious at the time the invention was made to a person 
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having ordinary skill in the art to which said subject matter pertains. Patentability shall not be negatived by the 
manner in which the invention was made. 

12. Claims 1, 4, 6, 9, and 11-15 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Gao (U.S. Patent: 6,449,590) in view of Ozawa (U.S. Patent: 5,487,128) and further in 
view of Laflamme et al ("16 Kbps Wideband Speech Coding Technique Based on Algebraic 
CELP, " 1991). 

With respect to Claim 1, Gao discloses: 

A speech characteristic classification unit, which stipulates a characteristic of speech 
corresponding to a current frame statistically using an open-circuit pitch value and a linear 
prediction coefficient in which a speech signal to be coded is perceptual weigh filtered 
{voiced/unvoiced classification unit, Col. 12, Lines 14-20; Fig. 2, Element 279, utilizing a 
perceptually weighted input speech signal having an open loop pitch value and linear prediction 
(LP) parameters, wherein different classes are represented by different subcodebooks. Col. 8, 
Line 63- Col. 9, Line 6; Col. 13, Lines 8-29; Fig. 2, Elements 219, 239, and 241); 

An adaptive codebook retrieving unit, which retrieves a pitch delay value around the 
open-circuit pitch value, calculates a pitch gain value, generates an adaptive codebook 
contribution signal corresponding to the retrieved pitch delay value, and outputs a difference 
between the generated adaptive codebook contribution signal and the perceptual weigh filtered 
signal as a first fixed codebook target signal (adaptive codebook search around an open loop 
pitch lag to generate a pitch delay, gain value, and an adaptive codebook contribution. Col. 9, 
Lines 16-33; Col. 21, Lines 52-59; Col. 22, Lines 34-54; Fig. 2, Element 257; and a fixed 
codebook target signal as a difference between a perceptually weighted speech signal and an 
adaptive codebook contribution. Col 9, Lines 28-33; Fig. 2, Element 253); 
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A fixed codebook retrieving unit, which includes at least two second fixed codebooks 
according to a speech characteristic (fixed codebook comprising a plurality of fixed 
subcodebooks, Fig. 2, Element 261), selects a second fixed codebook according to the speech 
characteristic (subcodebook selection based on speech classification, Col. 6, Lines 27-39; and 
Fig. 2, Elements 261, 275, 279), and retrieves second fixed codebook indices that can express the 
fixed codebook target signal most properly (fixed codebook search based on a generated target 
signal (Col. 9, Lines 28-33), and fixed codebook gain values (fixed codebook gain. Col. 9, Lines 
34-40; Col. 36, Line 45- Col. 37, Line 35; and Fig. 2, Element 263); 

A parameter multiplexer, which quantizes and multiplexes the speech characteristic 
information, the pitch delay value, the pitch gain value, the first fixed codebook index, the fixed 
codebook indices, and the fixed codebook gain values, makes them as a bit stream, and transmits 
the bit stream to an external speech decoding terminal (quantizing and multiplexing all generated 
speech parameters into a bit stream at a multiplexer. Col. 6, Line 57- Col. 7, Line 11; Col. 41, 
Lines 15-17; and Fig. 4, Element 419; and decoder. Fig. 5). 

Although Gao discloses a speech encoder comprising an adaptive codebook and a second 
fixed codebook having multiple subcodebooks, Gao does not teach two fixed codebook units, 
specifically a first codebook unit that outputs a difference between a codebook contribution 
output and a searching input to the first codebook. Ozawa, however, discloses a cascaded 
codebook structure wherein a first codebook produces a first codebook contribution and an error 
signal representing the difference between a codebook search target input and a codebook 
contribution candidate (Fig. 2, Elements 200, 210, and 220; and Col. 7, Lines 11-39) and a 
second codebook produces a second codebook contribution based on the error generated using 
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the first codebook (Fig. 2, Elements 230 and 240). Ozawa further teaches a first codebook 
structure comprising a single codebook and a second codebook structure comprising multiple 
subcodebooks (Fig. 2) and mentions generating gain to be associated with a codebook 
contribution {Col. 1, Lines 37-40). 

Gao and Ozawa are analogous art because they are from a similar field of endeavor in 
speech signal encoding. Thus, it would have been obvious to a person of ordinary skill in the art, 
at the time of invention, to modify the teachings of Gao with the cascaded codebook structure 
taught by Ozawa in order to implement a speech coding scheme that reduces memory necessary 
for codebook storage and is high in performance (Ozawa, Col. 2, Line 65- Col. 3, Line 5). 

Although the combination of Gao and Ozawa discloses all of the features of the claimed 
invention and Gao further discloses CELP coding (Col. 8, Lines 5-7), Gao and Ozawa do not 
specifically mention wideband speech signal encoding. Laflamme, however, recites the ability 
to encode wideband speech using a CELP coding scheme (Section 1, Page 13). 

Gao, Ozawa, and Laflamme are analogous art because they are from a similar field of 
endeavor in speech signal encoding. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to modify the teachings of Gao in view of Ozawa with 
the concept of wideband speech encoding taught by Laflamme in order to encode a higher 
quality speech signal (Laflamme, Section 1, Page 13). 
With respect to Claim 4, Gao further discloses: 
The second fixed codebook gain values include all gain values of each of the second fixed 
codebooks (second fixed codebook gain that is calculated for all fixed subcodebooks, Col. 
36. Line 45- Col. 37. Line 35). 
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Claim 6 recites the corresponding method performed by the system described in claim 1, 
and, thus is rejected under similar rationale. 

Claim 9 contains subject matter similar to Claim 4, and thus, is rejected for the same 
reasons. 

With respect to Claim 11, Gao discloses: 

A parameter demultiplexer, which demultiplexes a bit stream transmitted from an 
external speech coder (demultiplexer, Fig. 5, Element 513, that demultiplexes a bit stream from a 
remote speech encoder. Col. 7, Lines 18-27), including parameters, such as speech characteristic 
information, an adaptive codebook pitch delay value, an adaptive codebook pitch gain value, 
fixed codebook indices, and second fixed codebook gain values and restores the parameters 
(transmitted speech parameters that form a bitstream generated by an encoder (Col. 6, Line 57- 
Col. 7, Line 10) and are received by a decoder including: a fixed codevector representative of a 
fixed subcodebook corresponding to different speech characteristics, Col. 6, Lines 27-89; an 
adaptive codebook pitch delay, gain value, and an adaptive codebook contribution, Col. 9, Lines 
16-33; Col. 21, Lines 52-59; Col. 22, Lines 34-54; Fig. 2, Element 257; fixed codebook 
innovations. Col. 9, Lines 28-33; and fixed codebook gains. Col. 9, Lines 34-40; Col. 36, Line 
45- Col. 37, Line 35; and Fig. 2, Element 263); 

An adaptive code vector generator, which obtains an adaptive code vector corresponding 
to the adaptive codebook pitch delay value and the adaptive codebook pitch gain value (adaptive 
codebook generator that generates an adaptive codevector based on the pitch delay index 
generated at an encoder. Col. 7, Lines 28-43; and Fig. 5, Element 515); 
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A second fixed code vector generator, which selects a second fixed codebook from a 
plurality of second fixed codebooks using the speech characteristic information (decoder 
comprising a fixed codebook, wherein the fixed codebook contains indexes corresponding to a 
fixed codebook utilized at a decoder having multiple fixed subcodebooks corresponding to a 
speech characteristic, Fig. 5, Element 519; Fig. 2, Element 261; Col. 6, Lines 27-39; and 
selecting fixed codevectors based on an indices corresponding to the difierent subcodebooks, 
thus effectively selecting the subcodebooks. Col. 7, Lines 28-43), obtains a fixed code vector 
corresponding to the second fixed codebook index and the second fixed codebook gain value 
(fixed codevector and associated gain, Co!. 7, Lines 28-43); 

An adder, which adds the adaptive code vector and the first and second fixed code 
vectors to one another and generates an excitation signal (adder (unlabeled) in Fig. 5; and 
generated excitation signal. Col. 7, Lines 28-43), and wherein the excitation signal is linear 
prediction synthesis filter processed and post-processing filter processed and is generated as a 
speech synthesis signal (LP synthesis filter processing and post filtering. Col. 10, Lines 9-21; 
and Fig. 5, Elements 531 and 535). 

Although Gao discloses a speech decoder comprising an adaptive codebook and a second 
fixed codebook having multiple subcodebooks, Gao does not teach two fixed codebook units, 
specifically a first codebook unit that outputs a first decodable codevector. Ozawa, however, 
discloses a cascaded codebook structure wherein a first codebook produces a first codebook 
contribution and an error signal representing the difference between a codebook search target 
input and a codebook contribution candidate (Fig. 2, Elements 200, 210, and 220; and Col. 7, 
Lines 11-39) and a second codebook produces a second codebook contribution based on the error 
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generated using the first codebook (Fig. 2, Elements 230 and 240). Ozawa further teaches a first 
codebook structure comprising a single codebook and a second codebook structure comprising 
muMple subcodebooks (Fig. 2) and mentions generating gain to be associated with a codebook 
contribution {Col. 1, Lines 37-40). 

Gao and Ozawa are analogous art because they are from a similar field of endeavor in 
speech signal encoding. Thus, it would have been obvious to a person of ordinary skill in the art, 
at the time of invention, to modify the teachings of Gao with the cascaded codebook structure 
taught by Ozawa in order to implement a speech coding scheme that reduces memory necessary 
for codebook storage and is high in performance (Ozawa, Col. 2, Line 65- Col. 5, Line 5). 

Although the combination of Gao and Ozawa discloses all of the features of the claimed 
invention and Gao further discloses CELP coding/decoding (Col. 8, Lines 5-7), Gao and Ozawa 
do not specifically mention wideband speech signal processing. Laflanmie, however, recites the 
ability to encode wideband speech using a CELP coding scheme (Section 1, Page 13). 

Gao, Ozawa, and Laflamme are analogous art because they are from a similar field of 
endeavor in speech signal encoding. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to modify the teachings of Gao in view of Ozawa with 
the concept of wideband speech encoding taught by Laflanmie in order to encode a higher 
quality speech signal (Laflamme, Section 1, Page 13). 

Claim 12 recites the corresponding method performed by the system described in claim 
11, and, thus is rejected under similar rationale. 

With respect to Claims 13-14, Gao discloses the speech characteristics, as applied to 
claim 1 1 . 
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Claim 15 contains subject matter similar in scope to claim 11, and thus, is rejected under 
similar rationale. 

13. Claims 2-3 and 7-8 are rejected under 35 U.S.C. 103(a) as being unpatentable over Gao 
in view of Ozawa further in view of Laflamme et al and yet further in view of Chhatwal et al 
(U.S. Patent: 5,457,783). 

With respect to Claim 2, Gao in view of Ozawa and further in view of Laflamme 
discloses the speech encoder having an adaptive codebook and cascaded fixed codebooks, as 
applied to Claim 1. Although Gao discloses selecting different types of codebooks for 
voiced/unvoiced speech (subcodebook selection based on speech classification, Col. 6, Lines 27- 
39; and Fig. 2, Elements 261, 275, 279), Gao in view of Ozawa and fiirther in view of Laflamme 
does not specifically suggest the use of a random codebook for fricatives and an algebraic 
codebook for other speech sections, however Chhatwal discloses the use of an algebraic 
codevector codebook for voiced speech sections (Col. 9, Line 65- Col. 10, Line 55) and the use 
of a random codebook for unvoiced fricatives (Col. 13, Lines 38-67; and Col. 15, Lines 1-30). 

Gao, Ozawa, Laflamme, and Chhatwal are analogous art because they are from a similar 
field of endeavor in speech signal encoding. Thus, it would have been obvious to a person of 
ordinary skill in the art, at the time of invention, to modify the teachings of Gao in view of 
Ozawa and further in view of Laflamme with the specific codebooks taught by Chhatwal in order 
to provide a codebook capable of effectively modeling unvoiced signal classes (Chhatwal, Col. 
13, Lines 38-67). 
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With respect to Claim 3, Chhatwal discloses the random codebook used for unvoiced 
fricatives and the algebraic codebook used for voiced speech, as applied to Claim 2. 

Claims 7-8 contain subject matter respectively similar to claims 2-3, and thus, are 
rejected for the same reasons. 

14. Claims 5 and 10 are rejected under 35 U.S. C. 103(a) as being unpatentable over Gao in 
view of Ozawa further in view of Laflamme et al and yet further in view of Westerlund et al 
(U.S. Patent: 6,757,654). 

With respect to Claim 5, Gao in view of Ozawa and further in view of Laflamme 
discloses the speech encoder having an adaptive codebook and cascaded fixed codebooks, as 
applied to Claim 1 . Although Gao discloses multiple fixed codebooks having associated gains 
(Fig. 2, Elements 261 and 263), Gao in view of Ozawa and fiirther in view of Laflamme does not 
specifically suggest encoding a second standardized fixed codebook gain and using that 
standardized gain in a ratio with other fixed codebook gain values. Westerlund, however, 
discloses such a ratio between standardized fixed codebook values and other codebook gains 
(ratio or distribution comprising a long-term prediction gain and algebraic codebook gain. Col. 
21, Lines 80-45). 

Gao, Ozawa, Laflamme, and Westerlund are analogous art because they are from a 
similar field of endeavor in speech signal encoding. Thus, it would have been obvious to a 
person of ordinary skill in the art, at the time of invention, to modify the teachings of Gao in 
view of Ozawa and further in view of Laflamme with the ratio calculation taught by Westerlund 
in order to provide a predictor for algebraic codebook gain (Westerlund, Col. 21, Lines 30-31). 
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Claim 10 contains subject matter similar to Claim 5, and thus, is rejected for the same 
reasons. 

Conclusion 

1 5 . Applicant's amendment necessitated the new ground(s) of rejection presented in this 
Office action. Accordingly, THIS ACTION IS MADE FINAL. See MPEP § 706.07(a). 
Applicant is reminded of the extension of time policy as set forth in 37 CFR 1.136(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS fi-om the mailing date of this action. In the event a first reply is filed within TWO 
MONTHS of the mailing date of this final action and the advisory action is not mailed until after 
the end of the THREE-MONTH shortened statutory period, then the shortened statutory period 
will expire on the date the advisory action is mailed, and any extension fee pursuant to 37 
CFR 1 . 1 36(a) will be calculated from the mailing date of the advisory action. In no event, 
however, will the statutory period for reply expire later than SIX MONTHS from the date of this 
final action. 

16. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to James S. Wozniak whose telephone number is (571) 272-7632. 
The examiner can normally be reached on M-Th, 7:30-5:00, F, 7:30-4, Off Altemate Fridays. 
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If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Patrick Edouard can be reached at (571) 272-7603. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an apphcation may be obtained from the Patent 
Application Information Retrieval (PAIR) system. Status information for published applications 
may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 
applications is available through Private PAIR only. For more information about the PAIR 
system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private PAIR 
system, contact the Elecfronic Business Center (EBC) at 866-217-9197 (toll-free). 

/James S. Wozniak/ 

James S. Wozniak 

Patent Examiner, Art Unit 2626 

/Patrick N. Edouard/ 

Supervisory Patent Examiner, Art Unit 2626 



